e c t r a l energy. The baseband r e c t a n g u l a r p u l s e s t r e a m is passed t h r o u g h a filter w i t h a G a u s s i a n i m p u l s e response before freq u e n c y m o d u l a t i n g the carrier. Traditionally this is done b y s t o r i n g the values of t h e pulse shape i n a R O M and converting it to an analog wavef o r m w i t h a D A C followed b y a s m o o t h i n g filter. T h i s paper explores a fully analog i m p l e m e n t a t i o n of an i n t e g r a t e d G a u s s i a n pulse shaper, which c a n result i n a reduced p o w e r c o n s u m p t i o n and chip area.
G a u s s i a n pulse s h a p i n g is used i n digital communication s y s t e m s like D E C T , G S M , W L A N to minimize the out of band s p e c t r a l energy. The baseband r e c t a n g u l a r p u l s e s t r e a m is passed t h r o u g h a filter w i t h a G a u s s i a n i m p u l s e response before freq u e n c y m o d u l a t i n g the carrier. Traditionally this is done b y s t o r i n g the values of t h e pulse shape i n a R O M and converting it to an analog wavef o r m w i t h a D A C followed b y a s m o o t h i n g filter. T h i s paper explores a fully analog i m p l e m e n t a t i o n of an i n t e g r a t e d G a u s s i a n pulse shaper, which c a n result i n a reduced p o w e r c o n s u m p t i o n and chip area.
I N T R O D U C T I O N
Gaussian pulse shaping of the baseband pulse stream is resorted to in digital communication systems like DECT and GSM in order to limit the spectral energy outside the transmission band. Gaussian Frequency Shift Keying (GFSK) [l] is a scheme where a Gaussian filtered pulse stream is used to frequency modulate the carrier. Conceptually, this is done by passing the baseband rectangular pulse stream (with values in {-1,1)) through a filter with a Gaussian impulse response. The same can be thought of as adding or subtracting delayed versions of the unit pulse(one bit wide pulse of unit amplitude) response of the Gaussian filter depending on the sign of the input bit. The resulting "smoothed" stream is fed t o a voltage controlled oscillator (VCQ) as shown in (Fig. 1) . Traditionally, this pulse shaping is done digitally. In order to implement the system, the ideal unit pulse response which extends from -m to +MI has to be truncated to some finite duration. The samples of the truncated step response are stored in a ROM. A DAC converts this digit(a1 data to a staircase waveform which is smoothed by a continuous time filter and fed to the VCO (Fig. 2) .
In this paper, we describe a more direct realization of Fig. 1 , using a continuous time filter whose impulse response is approximately Gaussian. We present the design of this filter and show that in many cases, the complexity of this filter is the same as that of the smoothing filter used in the digital approach. Effectively, the ROM and the DAC can be eliminated from Fig. 2 , resulting in a reduction in the power consumption and chip area.
In the next section, we briefly discuss the GFSK system of Fig. 1 . In section 3., we consider the design issues in a digital pulse shaping scheme. In section 4., we derive the continuous time Gaussian pulse shaping filter and present some simulation results demonstrating its suitability. Section 5. deals with the implementation of the pulse shaper in a 2 pm n-well CMOS process and the measurement results.
A quadrature modulation scheme to realize the same function as Fig. 1 can be derived. In this paper, we consider only the scheme shown in Fig. 1. 
2.

G A U S S I A N F R E Q U E N C Y SHIFT
The output, of the system shown in Fig. 1 can be described
where fc is the unmodula.ted carrier frequency, k f is the modulating index ( k f = 0.25 for Gaussian Minimum Shift Keying---GMSK[1]) and g ( . ) denotes the convolution of the rectangular bit stream b ( t ) (with values in {-1,l)) with the impulse response of the shaping filter (unity gain at dc) h(t). The characterizing quantity of this system is the BTb product, where 13 is the -3dB bandwidth of the Gaussian filter and Tb is the bit period of the input stream. A smaller value of BTb im.plies a longer response (relative to Tb) of the Gaussian filter to a unit pulse. Typical numhers for BTb are in the range (0.3, 0.8). For BTb = 0.5, the commonly used duration beyond which the unit pulse response is truncated is 3!rb (f1.5Tb from the peak).
D I G I T A L P U L S E S H A P I N G
The block diagram of a (digital pulse shaping system is shown in Fig. 2 . The inp-ut bit stream is fed into a shift register, whose length is (equal to the number of bit durations over which the unit pulse response extends (for 1;)Tb = 0.5, this is 3). The R.OM contains the samples of the response of the Gaussian filter for every possible combination of the bit sequence in the shift register. If the Gaussian is sampled rn times in every period and the pulse response extends over k bits, the ROM has 2k x m values stored in it. The output of the ILOM feeds a DAC. The staircase waveform at the output of the DAC is filtered using a continuous time filter before being fed to the VCQ.
In commonly used communication systems, 6-8 bits are required in the DAC to keep the spurious emission due to the quantization error below the specified limit [2] [3] [4] [7] . For a given bit rate, a larger sampling rate relaxes the requirements on the smoothing filter, but this is difficult to achieve with high bit rates due to constraints on the power dissipation. For moderate sampling rates, the filter should have a large attenuation outside the band. In addit,ion, it should have a linear phase in order not to distort the pulse shape. To satisfy both these criteria, a high order filter is necessary. 'To get a feel for the numbers, we note that in order to satisfy the DECT specifications, with BTb = 0.5, 6 samples per bit duration and a 7-8 0-7803-4455-3/98/$10.00 0 1998 IEEE 1-249 bit DAC, a 7th order bessel filter is required for smoothing [5] . With a low sampling rate, the filter also requires some automatic tuning scheme to set the cutoff frequency accurately.
ANALOG PULSE SHAPING
The hint towards obtaining a continuous time filter with a Gaussian impulse response comes from the "Central Limit Theorem" (CLT) in statistics. This states that the probability density function (pdf) of the sum of a large number of independent identically distributed random variables approaches a Gaussian. Since the pdf of the sum of random variables is obtained by convolving the individual pdf s, we infer that the cascade of a large number of identical filters (with positive impulse responses) has a Gaussian impulse response. This can be verified by cascading a large number of buffered first order RC sections.
As the name implies, CLT is a limiting result, and a realization with as small a number of impulse responses (a filter with as small an order as possible) is desirable in practice. To this end, we make the following generalizations. With these facts in mind and with the aid of simulations, we conclude that a high order bessel filter results in a "sufficiently" Gaussian impulse response. Fig. 3 shows the step response of an sth order bessel filter and an ideal Gaussian filter for comparison.
By computer simulations, it is found that a 7th order bessel filter satisfies the spectral specification of the DECT standards (suppression of energy outside the band). Note that this is the same order as that used for the smoothing filter in the digital pulse shaper (section 3.). Fig. 4 shows the spectrum of the GMSK signal for a pseudo random input bit stream with an ideal Gaussian pulse shaper, for a digital pulse shaper with 10 samples per bit duration and different DAC resolutions and for a 7th order bessel filter. It can be seen that the performance of the bessel filter is satisfactory.
.
sth ORDER BESSEL FILTER I N 2pm
CMOS TECHNOLOGY
The chip to be described is designed with the DECT specifications in mind, which uses a bit rate of 1.152 Mb/s and BTb = 0.5. Therefore, an eighth order bessel filter with a bandwidth of 576 kHz is implemented. In order to set the bandwidth accurately, the filter is made tunable and an automatic frequency control loop is used.
The Sth order filter is implemented as a cascade of biquads. Since the maximum Q factor is 1.23, Sallen-Key biquads can be used without having excessive sensitivity to component values. A single ended Sallen-Key biquad using a unity gain buffer, along with its transfer function, is shown in Fig. 5 . To reduce the distortion due t o the non linearity, two single ended filters are operated differentially. To make the filter tunable, the resistors are realized using nMOS transistors operating in the triode region. The common mode voltage is chosen to be 0.5V in order to have sufficient room for the tuning voltage at the gate of the MOS resistors. The buffer used is a folded cascoded differential pair in unity gain feedback (Fig. 6) . Two buffers are used for each differential biquad.
The control voltage for the MOS resistors is derived from the master-slave tuning scheme shown in Fig. 7 (see [6] for details of operation). The feedback loop forces the resonant frequency of the master filter (another tunable Sallen-Key biquad) to be equal to the reference frequency. By virtue of on chip component matching, the ith biquad has a resonant frequency of (using the relations in Fig. 5) which, being a function of capacitor ratios, can be set accurately on a chip. The reference frequency is chosen to be 2MHz. The master filter is designed for wp = 2rr x 2MHz and Q = 1. The Q is kept low in order to avoid large voltage swings across the MOSFETs which would cause tuning errors due to nonlinearity and also to avoid large capacitor ratios (see the expressions in Fig. 5) .
Cascoded differential pairs, operating in open loop, are used for the comparators in Fig. 7 . The XOR gate drives a charge pump to realize the integrator in the loop. The details are not shown due to lack of space. Fig. 8 shows the chip photograph. Fig. 9 shows the magnitude response for different reference frequencies. The step response is shown in Fig. 10 . The impulse response is approximated by a response to a narrow pulse and is shown in Fig. 11 . Slight asymmetry is apparent near the bottom of the output pulse, part of which is due to the finite width of the exciting pulse. Table 1 summarizes the measured characteristics of the chip. The values given are the arithmetic mean and standard deviation for the 3 chips measured. The -3dB frequency is tuned accurately. The maximum bandwidth is limited by the upper rail. The minimum bandwidth is zero, but for very small values of the control voltage, the MOS "resistors" in Fig. 5 operate with a small IVG/CS -VTI and distort severely. The lower limit is assumed to be the point where a lV,, input at 5OkHz has a T H D of -40dB. The distortion measurements are made with a single input tone at 50 kHz (whose harmonics are inside the passband) and also at 576kHz. The distortion in a Sallen-Key low pass filter increases with frequency due to increased drop across the MOS resistors. Since the bit rate is 1.152 MHz, the "fastest" input is a 576 kHz square wave. The performance with a 576 kHz sinusoidal input is given as a measure of the worst case. In practice, the inputs have their energy concentrated at frequencies lower than 576 kHz.
6.
CONCLUSION
This paper describes the design of an analog Gaussian pulse shaping chip for use in digital communication systems. Simulation results demonstrating the feasibility of this scheme are shown. It is shown that for large bit rates, the pulse shaping can be done with circuitry equivalent in complexit,y to the smoothing filter in the digital shaping method, when a VCO is used for GFSK modulation. A pulse shaping filter with a -3dB bandwidth of 576kHz for DECT cordless telephone applications is fabricated in 2 pm n-well Orbit CMOS technology. Measurement results are given. 
